CLAIMS 

What is claimed is: 

1 1. An adaptive differential pulse code modulation system comprising: 


2 an encoder including: 

3 a subtracter configured for deriving a difference signal Ej, the difference 

4 signal Ej being the difference between an input signal Yj and a predicted 

5 signal Sj, j representing a sample period; 

6 a quantizer configured for quantizing the difference signal Ej to obtain a 

7 numerical representation Nj for transmission to an encoder inverse quantizer 

8 for deriving a regenerated difference signal Dj, and to a decoder inverse 

9 quantizer coupled to the quantizer through a network for deriving the 

10 regenerated difference signal Dj, 

11 an encoder adder configured for deriving a reconstructed input signal Xj, 

12 the reconstructed input signal Xj being the sum of the regenerated difference 

13 signal Dj and the predicted signal Sj; 

14 an encoder whitening filter F e configured for receiving the reconstructed 

15 input signal Xj and for generating a filtered reconstructed signal X f j, the 

Xj = X r a[X hl -a[X hl -....a f n X^ n 

16 filtered reconstructed signal X f j being generated according to the equation: 

17 Xj-n being a value of reconstructed input signal Xj at sample period n, 

18 and; 


18 


19 n being a number of filter tap coefficients a f n corresponding to the 

20 whitening filter F e ; 

21 an encoder predictor P ep configured for receiving the reconstructed input 

22 signal Xj and for generating a predicted signal Sj P , the predicted signal Sj P 

23 being at least constituent to predicted signal Sj and being generated according 

24 to the equation: 

25 Sjp = aJSj_j + a J 2 Sj_ 2 . ai n pSj- n p 

26 Sj-np being a value of the predicted signal Sj at sample period j-n p , and 

27 n p being a number of predictor coefficients ai np corresponding to the 

28 predictor P ep ; and 

29 an encoder feedback loop configured for applying the predicted signal Sj 

30 to the adder; 

31 transmission means configured for transmitting the numerical 

32 representation Nj from the encoder to a decoder; and 

33 the decoder including: 

34 the decoder inverse quantizer coupled to the quantizer through a network 

35 and configured for receiving the numerical representation Nj and for deriving 

36 the regenerated difference signal Dj therefrom, 

37 a decoder adder configured for deriving the reconstructed input signal Xj, 

38 the reconstructed input signal Xj being the sum of the regenerated difference 

39 signal Dj and the predicted signal Sj; 
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40 a decoder whitening filter Fd configured for receiving the reconstructed 

41 input signal Xj and for generating the filtered reconstructed signal X f j, the 

42 filtered reconstructed signal X f j being generated according to the equation: 

43 X f j = Xj - a f iX j4 - a f 2 Xj- 2 - ... a f n Xj. n 

44 Xj-n being a value of reconstructed signal Xj at sample period j- n, and 

45 n being the number of filter tap coefficients a f n corresponding to the 

46 whitening filter Fd; 

47 a decoder predictor Pd P configured for receiving the reconstructed input 

48 signal Xj and for generating a predicted signal Sj P , the predicted signal Sj P 

49 being at least constituent to predicted signal Sj and being generated according 

50 to the equation: 

51 Sjp = a]S j_, + a 2^j_ 2 • * • a W Sj-np 

52 Sj-np being a value of the predicted signal Sj at sample period j-n p , and 

53 n P being the number of predictor coefficients ai np corresponding to the 

54 predictor Pd P ; and 

55 a decoder feedback loop configured for applying the predicted signal Sj to 

56 the decoder adder. 
1 

1 2. The system of claim 1, further comprising: 

2 a second encoder predictor P ez configured for receiving the regenerated 

3 difference signal Dj and for generating a predicted signal Sj Z ; 
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4 a second encoder adder configured for deriving the predicted signal Sj at 

5 the encoder, the predicted signal Sj being the sum of the predicted signal Sj P and 

6 the predicted signal Sj Z ; 

7 a second decoder predictor Pdz configured for receiving the regenerated 

8 difference signal Dj and for generating a predicted signal Sj 2 ; and 

9 a second decoder adder configured for deriving the predicted signal Sj at 


10 the decoder, the predicted signal Sj being the sum of the predicted signal Sj P and 

11 the predicted signal Sj 2 . 
1 

1 3. The system of claim 1 wherein: 


2 n p is 2; 

3 the predictor coefficient a \ is updated according to the equation: 

4 af^aKl-S^ + grF^X^Xj.^X^) 

5 Si and gi being proper positive constants, and 

6 Fi being a nonlinear function; and 

7 the predictor coefficient a J 2 is updated according to the equation: 

8 af=ai(l-5 2 ) + g 2 .F 2 (X; ? x;„ 1? X^ ? a{); 

9 82 and g2 being proper positive constants, and 
10 F2 being a nonlinear function. 

1 


1 4. The system of claim 1 wherein: 
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n is 2; 


6 
7 
8 


10 
11 
12 


the filter tap coefficient af is updated at each sample period; according to 


4 the generalized equation: 


a« tl =a 1 fl (l-8 I ) + g 1 -F 1 (X J , ,X^ f X^) 

Si and gi being proper positive constants, and 
Fi being a nonlinear function; and 

the filter tap coefficients a 2 is updated at each sample period ;' according to 


9 the generalized equation: 


ar , =a«(l-8 2 ) + g 2 -F 2 (X J f ,x;. 1 ,x;. 2 ,a; j ) 

62 and g2 being proper positive constants, and 
F2 being a nonlinear function. 


1 5. The system of claim 4 wherein: 

2 the filter tap coefficient a{ J is updated according to the equation: 


6 
7 

1 


a 


f J+] - „f j 


I _ f J^-Y| + 192* sgn[z/ ]sgn[x;_, ]; and 
{3276SJJ 1 J 1 


the filter tap coefficient a{ } is updated according to the equation: 


' f 256 V* 


V 


32768 


32 


" sgn[xj Jsga^jL, ] + 128 * sgn[x/ ]sgn[xf_ 2 ]; 


sgn[ ] being a sign function that returns a value of 1 for a nonnegative 
argument and a value of -1 for a negative argument. 
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1 6. The system of claim 5 wherein at every other sample period 

2 the filter tap coefficient eS + h is maintained in a range -12288 < a$+h < 

3 12288; and 

4 the filter tap coefficient efi + h is maintained in a range -(15360 - a$+h) < 

5 a^i < (15360 - a*H 2 ); 

6 whereby a^i is set equal to (15360 - afl +1 2 ) when afl +1 i > 15360 - a$+h; and 

7 whereby a$ + h is set equal to -(15360 - a f j +1 2 ) when a^ +1 i < -(15360 - a$ +1 2 ). 
1 

1 7. The system of claim 5, further comprising: 

2 a second encoder predictor P ez configured for receiving the regenerated 

3 difference signal Dj and for generating a predicted signal Sj Z ; 

4 a second encoder adder configured for deriving the predicted signal Sj at 

5 the encoder, the predicted signal S, being the sum of the predicted signal Sj P and 

6 the predicted signal Sj Z ; 

7 a second decoder predictor Pdz configured for receiving the regenerated 

8 difference signal Dj and for generating a predicted signal Sj Z ; and 

9 a second decoder adder configured for deriving the predicted signal Sj at 

10 the decoder, the predicted signal Sj being the sum of the predicted signal Sj P and 

11 the predicted signal Sj Z . 


1 
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1 8. The system of claim 1 wherein at every other sample period the predictor 

2 coefficient ai n p corresponding to the predictors P ep and Pdp is maintained 

3 unchanged. 
1 

1 9. The system of claim 8, such that if for even j: 


2 
3 

4 then for odd j 

5 a^af 1 


7 
8 
9 

10 
11 
1 

1 


af = a} , and 


*2 d 2' 



( 127.5 ^ 


1- 



V 

1,32768 J 

) 


191.25* sgrifx;., ^gn[x;_ 2 ] + 1 92 * sgn[x J ]sgn[x j-i ], and 


sgn[ ] being a sign function that returns a value of 1 for a nonnegative 
argument and a value of -1 for a negative argument, and 
lim[ar*] = af 1 for -8192 < af 1 <8191, 
lin^af 1 ^ -8192 for af 1 < -8191, and 
lin^af 1 ]- 8192 for af 1 >8191. 


24 


1 10. An encoder for encoding digital audio signals, comprising: 


2 a subtractor configured for deriving a difference signal Ej, the difference 

3 signal Ej being the difference between an input signal Yj and a predicted 

4 signal Sj, j representing a sample period; 

5 a quantizer configured for quantizing the difference signal Ej to obtain a 

6 numerical representation Nj for transmission to an encoder inverse quantizer 

7 for deriving a regenerated difference signal Dj, and to a decoder inverse 

8 quantizer coupled to the quantizer for deriving the regenerated difference 

9 signal Dj; 

10 an adder configured for deriving a reconstructed input signal Xj, the 

11 reconstructed input signal Xj being the sum of the regenerated difference 

12 signal Dj and the predicted signal Sj; 

13 a whitening filter configured for receiving the reconstructed input signal 

14 Xj and for generating a filtered reconstructed signal X f j, the filtered 

15 reconstructed signal X f j being generated according to the equation: 

16 X^ = Xj - a*i Xj-i - ah Xj-2 - . . . X^n 

17 X f j- n being a value of filtered reconstructed signal X f j at sample period j- n, 

18 and 

19 n being a number of filter tap coefficients a f n corresponding to the 

20 whitening filter; 

21 a predictor configured for receiving the reconstructed input signal Xj and 

22 for generating a predicted signal Sj P , the predicted signal Sj P being at least 


25 


23 constituent to predicted signal Sj and being generated according to the 

24 equation: 

25 Sj P = aii Sj-i - ai2 Sj-2 - . . . ai n p Sj- np 

26 Sj-np being a value of the predicted signal Sj at sample period ]-n v , and 

27 rip being a number of predictor coefficients ai np corresponding to the 

28 predictor; and 

29 a feedback loop configured for applying the predicted signal Sj to the 


30 adder. 
1 

1 11. The system of claim 10, the encoder further comprising: 

2 a second predictor configured for receiving the regenerated difference 

3 signal Dj and for generating a predicted signal Sj 2/ the predicted signal Sj Z being 

4 at least constituent to predicted signal S,*; and 

5 a second adder configured for deriving the predicted signal Sj, the 

6 predicted signal Sj being the sum of the predicted signal Sj P and the predicted 

7 signal Sj Z . 
1 

1 12. The system of claim 10 wherein: 

2 n is 2; 

3 the filter tap coefficient a[ is updated at each sample period; according to 

4 the generalized equation: 

26 


a?* l =aJ(l-8 I ) + g 1 -F 1 (X j , ,X^,x; 2 ) 


6 
7 
8 


10 

11 

12 


8i and gi being proper positive constants, and 
Fi being a nonlinear function; 

the filter tap coefficients a 2 is updated at each sample period j according 


9 to the generalized equation: 


a« fI =a«(l-8 2 ) + g 2 -F 2 (X;,x; p Xj. 2 ,af) 

52 and g2 being proper positive constants, and 
F2 being a nonlinear function. 


1 13. The system of claim 12 wherein: 

2 the filter tap coefficient af is updated according to the equation: 


6 
7 


a 


1 _ + 1 92 * sgn[x/ ]sgn[x/_, ] and 


1 32768 


the filter tap coefficient a 2 is updated according to the equation: 


r 

1- 

V v 


256 V 
32768 J) 


f 1 N \ 


V 32y 


a{ J sgn[*; ]sgn[^/_, ] + 128 * sgn[z/ ]sgn[x/_ 2 ], 


sgn[ ] being a sign function that returns a value of 1 for a nonnegative 
argument and a value of -1 for a negative argument. 


1 14. The system of claim 13 wherein at every other sample period j, 

2 the filter tap coefficient a$ +1 2 is maintained in a range -12288 < a3 +1 2 < 

3 12288; and 
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the filter tap coefficient afl +1 i is maintained in a range -(15360 - sfi+h) < 
afl +1 i < (15360 - afrh); 

whereby a^ +1 i is set equal to (15360 - efi + h) when a^ +1 i > 15360 - a^hi and 
whereby a^i is set equal to -(15360 - a$ +1 2 ) when a^ +1 i < -(15360 - a^ +1 2 ). 

15. The system of claim 10 wherein at every other sample period/, the predictor 
coefficient ai np corresponding to the predictor is maintained unchanged. 

16. The system of claim 10, wherein the encoder is constituent to or coupled to a 
videoconferencing device or application. 
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1 17. A decoder for decoding digital audio signals encoded by a properly 

2 associated encoder, comprising: 


3 an inverse quantizer coupled to the encoder and configured for receiving 

4 a numerical representation Nj and for deriving a regenerated difference signal 

5 Dj therefrom, the numerical representation Nj being a quantized 

6 representation of a difference signal Ej, the difference signal Ej being the 

7 difference between an input signal Yj and a predicted signal Sj, ; representing 

8 a sample period; 

9 an adder configured for deriving a reconstructed input signal Xj, the 

10 reconstructed input signal Xj being the sum of the regenerated difference 

11 signal Dj and the predicted signal Sj; 

12 a whitening filter configured for receiving the reconstructed input signal 

13 Xj and for generating a filtered reconstructed signal X f j, the filtered 

14 reconstructed signal X f j being generated according to the equation: 

15 X^ = Xj - afiXj-i - a^Xj-2- ... aWj-n 

16 X f j- n being a value of filtered reconstructed signal X f j at sample period j- n, 

17 and 

18 n being a number of filter tap coefficients a f n corresponding to the 

19 whitening filter; 

20 a predictor configured for receiving the reconstructed input signal Xj and 

21 for generating a predicted signal Sj P , the predicted signal Sj P being at least 
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22 constituent to predicted signal Sj and being generated according to the 

23 equation: 

24 Sj P = aii Sj-i - a?2 Sj-2 - . . . ai np Sj. np 

25 Sj-np being a value of the predicted signal Sj at sample period j-n v , and 

26 rip being a number of predictor coefficients aj np corresponding to the 

27 predictor; and 

28 a feedback loop configured for applying the predicted signal Sj to the 

29 adder. 
1 

1 18. The system of claim 17, the decoder further comprising: 

2 a second predictor configured for receiving the regenerated difference 

3 signal Dj and for generating a predicted signal Sj 2/ the predicted signal Sj Z being 

4 at least constituent to predicted signal Sj; and 

5 a second adder configured for deriving the predicted signal Sj, the 


6 predicted signal Sj being the sum of the predicted signal Sj P and the predicted 

7 signal Sj Z . 
1 

1 19. The system of claim 17 wherein: 

2 n is 2; 

3 the filter tap coefficient af is updated at each sample period; according to 

4 the generalized equation: 
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7 
8 


10 

11 
12 


af tl =af(l-S 1 ) + g I -F 1 (X J f ,Xj. I ,X{. 2 ) 

5i and gi being proper positive constants/ and 
Fi being a nonlinear function; 

the filter tap coefficients a \ is updated at each sample period j according 


9 to the generalized equation: 


af +1 =a^(l-5 2 ) + g 2 .F 2 (X; ? X;_ 1? x;_ 2? af) 

82 and g2 being proper positive constants, and; 
F2 being a nonlinear function. 


1 20. The system of claim 19 wherein: 

2 the filter tap coefficient af is updated according to the equation: 


a: = a: 


V V- 


32768 


J) 


+ 192 * sgn[xf Jsgn^ ] and 


the filter tap coefficient a 2 is updated according to the equation: 


a J 2 = a J 2 


f f 256 Yl ( 1 ^ 


V 


132768 


J J 


v32 y 


a{ ' sgn[x/ ]sgn[^ ] + 128 * sga[xj ]sgn[x^ 2 } 


6 sgn[ ] being a sign function that returns a value of 1 for a nonnegative 

7 argument and a value of -1 for a negative argument. 
1 

1 21. The system of claim 20 wherein at every other sample period;, 

2 the filter tap coefficient a f i +1 2 is maintained in a range -12288 < afl +1 2 < 

3 12288; and 
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4 the filter tap coefficient a3 +1 i is maintained in a range -(15360 - efi+h) < 

5 a^h < (15360 - a<3 +1 2 ); 

6 whereby efi + h is set equal to (15360 - when a$ + h > 15360 - a.^h) and 

7 whereby a$ +1 i is set equal to -(15360 - aft+h) when efi + h < -(15360 - a$ + h). 
1 

1 22. The system of claim 17 wherein at every other sample period j, the predictor 

2 coefficient ai n p corresponding to the predictor is maintained unchanged. 

1 

0 1 23. The system of claim 17, wherein the decoder is constituent to or coupled to a 
^ 2 videoconferencing device or application. 

% i 

1 1 
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1 24. A method for encoding and decoding digital audio signals, comprising the 

2 steps of: 


3 deriving a difference signal Ej at an encoder, the difference signal Ej being 

4 the difference between an input signal Yj and a predicted signal Sj, ; 

5 representing a sample period; 

6 quantizing the difference signal Ej to obtain a numerical representation Nj 

7 for transmitting to an encoder inverse quantizer for deriving a regenerated 

8 difference signal Dj, and to a decoder inverse quantizer coupled to the 

9 quantizer through a network for deriving the regenerated difference signal 

10 D j; 

11 deriving a reconstructed input signal Xj at a first adder, the reconstructed 

12 input signal Xj being the sum of the regenerated difference signal Dj and the 

13 predicted signal Sj; 

14 receiving the reconstructed input signal Xj at a whitening filter F e ; 

15 generating a filtered reconstructed signal X f j by the whitening filter F e , the 

16 filtered reconstructed signal X f j being generated according to the equation: 

17 X^ = Xj - ah Xj-i - Bh. Xj-2 a<nX*j-n 

18 X £ j- n being a value of filtered reconstructed signal X f j at sample period /- n, 

19 and 

20 n being a number of filter tap coefficients a f n corresponding to the 

21 whitening filter F e ; 

22 receiving the reconstructed input signal Xj at a predictor P ep ; 
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generating a predicted signal Sj P by the predictor P ep/ the predicted signal 
Sj P being at least constituent to predicted signal Sj and being generated 
according to the equation: 

Sjp = ah Sj-i - a)2 Sj-2 - . . - ai n p Sj-np 

Sj-np being a value of the predicted signal Sj at sample period j-n v , and 

tip being a number of predictor coefficients ai np corresponding to the 

predictor P ep ; 

applying the predicted signal Sj to the first adder to provide feedback; 

receiving the numerical representation Nj at a decoder; 

deriving the regenerated difference signal Dj from the numerical 
representation Nj, 

deriving the reconstructed input signal Xj at a second adder, the 
reconstructed input signal Xj being the sum of the regenerated difference 
signal Dj and the predicted signal Sj; 

receiving the reconstructed input signal Xj at a whitening filter Fd; 

generating a filtered reconstructed signal X f j by the whitening filter Fd, the 
filtered reconstructed signal X f j being generated according to the equation: 
X^ = Xj - a'iXj.1 - af 2 Xj- 2 - ... a^-n 

X f j- n being a value of filtered reconstructed signal X f j at sample period;- n; 

n being a number of filter tap coefficients a f n corresponding to the 

whitening filter Fd; 

receiving the reconstructed input signal Xj at a predictor Pd P ; 


45 generating a predicted signal Sj P by the predictor Pd p/ the predicted signal 

46 Sj P being at least constituent to predicted signal Sj and being generated 

47 according to the equation: 

48 Sj P = ah Sj-i - ah Sj-2 - . . . ai n p Sj-np 

49 Sj-np being a value of the predicted signal Sj at sample period j-n v , and 

50 tip being a number of predictor coefficients ai np corresponding to the 

51 predictor Pa P ; and 

52 applying the predicted signal Sj to the second adder to provide feedback. 
1 

1 25. The method of claim 24, further comprising the steps of: 

2 receiving the regenerated difference signal Dj at a predictor P ez at the 

3 encoder; 

4 generating a predicted signal Sj Z by the predictor P ez ; 

5 deriving the predicted signal Sj at the encoder, the predicted signal Sj 

6 being the sum of the predicted signal Sj P and the predicted signal Sj Z ; 

7 receiving the regenerated difference signal Dj at a predictor Pdz at the 

8 decoder; 

9 generating the predicted signal Sj Z by the predictor Pdz; and 

10 deriving the predicted signal Sj at the decoder, the predicted signal Sj 

11 being the sum of the predicted signal Sj P and the predicted signal Sj Z . 
1 

1 26. The method of claim 24 wherein n p is 2, further comprising the steps of: 


35 


2 updating the predictor coefficient aj according to the equation: 

3 af* l =a|(l-5 1 ) + g 1 -F I (Xj,Xj. I ,X^) 

4 8i and gi being proper positive constants, and 

5 Fi being a nonlinear function; and 

6 updating the predictor coefficient a J 2 according to the equation: 

7 a* 1 = a J 2 (l-8 2 ) + g 2 -F 2 (X;,X^ 1> X^,ai) 

8 52 and g2 being proper positive constants, and; 

9 F2 being a nonlinear function. 
1 

1 27. The method of claim 24 wherein n is 2, further comprising the steps of: 

2 updating the filter tap coefficient af at each sample period j according to 

3 the generalized equation: 

4 a» tl =a?(l-6 1 ) + g 1 .F I (X;,X^,X^) 

5 81 and gi being proper positive constants, and 

6 Fi being a nonlinear function; and 

7 updating the filter tap coefficients a \ at each sample period j according to 

8 the generalized equation: 

9 af =af(l-8 2 ) + g 2 -F 2 pc;,X}. 1 ,X^ 2 ,af) 

10 82 and g2 being proper positive constants, and 

11 F2 being a nonlinear function. 

1 
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1 28. The method of claim 27 wherein: 


the filter tap coefficient af is updated according to the equation: 


128 

^32768. 


■192*sgn[z/]sgn[x/_ 1 ],and 


the filter tap coefficient a \ is updated according to the equation: 


a J 2 = a J 2 


1- 


( 256 ^ 


v 32768 j j 


V32y 


a{ J sgn[z/ Jsgn^, ] + 128 * sgn[^/ ]sgn[z/_ 2 ] 


6 sgn[ ] being a sign function that returns a value of 1 for a nonnegative 

7 argument and a value of -1 for a negative argument. 
1 

1 29. The method of claim 28 wherein at every other sample period /, 

2 the filter tap coefficient efi +1 z is maintained in a range -12288 < a^ +1 2 ^ 

3 12288; and 

4 the filter tap coefficient afl +1 i is maintained in a range -(15360 - efi+h) ^ 

5 a<) + ii < (15360 - a*j +1 2 ); 

6 whereby a3 +1 i is set equal to (15360 - a*i +1 2) when a f i +1 i > 15360 - efi+h; and 

7 whereby a^i is set equal to -(15360 - afl +1 2 ) when tf + h < -(15360 - a^h). 
1 

1 30. The method of claim 28, further comprising the steps of: 

2 receiving the regenerated difference signal Dj at a predictor P ez at the 

3 encoder; 

4 generating a predicted signal Sj Z by the predictor Pdz; 
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5 deriving the predicted signal Sj at the encoder, the predicted signal Sj 

6 being the sum of the predicted signal Sj P and the predicted signal Sj Z ; 

7 receiving the regenerated difference signal Dj at a predictor Pdz at the 

8 decoder; 

9 generating the predicted signal Sj Z by the predictor Pdz; and 

10 deriving the predicted signal Sj at the decoder, the predicted signal Sj 


11 being the sum of the predicted signal Sj P and the predicted signal Sj Z . 
1 

1 31. The method of claim 28 wherein n F is 2, further comprising the steps of: 


2 updating the predictor coefficient according to the equation: 

3 a^^aKl-SJ + g^F^X^X^.X^) 

4 5i and gi being proper positive constants, and 

5 Fi being a nonlinear function; and 

6 updating the predictor coefficient a J 2 according to the equation: 

7 ai +1 -a J 2 (l-5 2 ) + g 2 -F 2 (X; 5 X;_ 1? x;_ 2? a0 

8 52 and g2 being proper positive constants, and; 

9 F2 being a nonlinear function. 

1 
1 
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1 32. A method for adapting coefficients in a two pole predictor in an adaptive 

2 differential pulse code modulation system, comprising the steps of: 

3 generating a filtered reconstructed signal X f j by a whitening filter F e/ the 

4 filtered reconstructed signal X f j being generated according to the equation: 

5 = Xj - a f iXj-i - a f 2 Xj- 2 - ... aWj-n 

6 X f j- n being a value of filtered reconstructed signal X f j at sample period j- n, 

7 and 

8 n being a number of filter tap coefficients a f n corresponding to the 

9 whitening filter F e ; 

10 updating a predictor coefficient a{ according to the equation: 

12 Si and gi being proper positive constants, and 

13 Fi being a nonlinear function; and 

14 updating a predictor coefficient a J 2 according to the equation: 

15 ai +I =a J 2 (l-5 2 ) + g 2 .F 2 (X; ? x;_ 1? x;, 2? a{) 

16 82 and g2 being proper positive constants, and 

17 F 2 being a nonlinear function. 
1 

1 33. The method of claim 32, further comprising the steps of: 

2 updating the filter tap coefficient a[ at each sample period; according to 

3 the generalized equation: 
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4 a^^afa-S^ + g^^CXj.X^^) 

5 81 and gi being proper positive constants, and 

6 Fi being a nonlinear function; and 

7 updating the filter tap coefficients a \ at each sample period j according to 

8 the generalized equation: 

9 ar=a«(l-8 2 ) + g 2 -F 2 (X;,x;_ 1) X;. 2 ,af) 

10 52 and g2 being proper positive constants, and 

11 F2 being a nonlinear function. 
1 

1 34. The method of claim 32 wherein: 

2 the filter tap coefficient af is updated according to the equation: 

3 a{ !+l =a f A l~f^^lVl92*sgn[x/]sgnfe 1 ] and 

1 1 ^ 1^32768 J J L J j 1 3 1J 

4 the filter tap coefficient a \ is updated according to the equation: 

5 a[ i+l = « 2 " f 1 - - War' sgn[x/ ]sgn[x/_, ] + 128 * sgn[x/ ]sgn[zf_ 2 ] 

I V32768;; 


6 sgn[ ] being a sign function that returns a value of 1 for a nonnegative 

7 argument and a value of -1 for a negative argument. 
1 

1 35. The method of claim 34 wherein at every other sample period 

2 the filter tap coefficient a f ) +1 2 is maintained in a range -12288 < efi + h < 

3 12288; and 
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4 the filter tap coefficient a^h is maintained in a range -(15360 - a^h) < 

5 a*i +1 i < (15360 - efi+h); 

6 whereby efi + h is set equal to (15360 - a^h) when a% +1 i > 15360 - a^h; and 

7 whereby a¥\ is set equal to -(15360 - afrh) when a^h < -(15360 - a^h). 
1 

1 
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1 36. A machine readable medium embodying instructions executable by a 

2 machine to perform a method for adapting coefficients in a two pole predictor in 

3 an adaptive differential pulse code modulation system, the method steps 

4 comprising: 

5 generating a filtered reconstructed signal X f j by a whitening filter, the 

6 filtered reconstructed signal X f j being generated according to the equation: 

7 = Xj - afiX H - af 2 Xj-2 - ... a^X^ 

8 X f j- n being a value of filtered reconstructed signal X f j at sample period;- n, 

9 and 

10 n being a number of filter tap coefficients a f n corresponding to the 

1 1 whitening filter; 

12 updating a predictor coefficient aj according to the equation: 

13 aj +1 =^(1-80 + 8, •F 1 (X;,Xj_ 1 ,X^ 2 ) 

14 8i and gi being proper positive constants, and 

15 Fi being a nonlinear function; and 

16 updating a predictor coefficient a J 2 according to the equation: 

17 -a J 2 (l-5 2 ) + g 2 .F 2 (X;,X^ 1? x;„ 2? a0 

18 82 and g2 being proper positive constants, and 

19 F2 being a nonlinear function. 
1 

1 
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1 37. A digital circuit embodying instructions to perform a method for adapting 

2 coefficients in a two pole predictor in an adaptive differential pulse code 

3 modulation system, the method steps comprising: 

4 generating a filtered reconstructed signal X f j by a whitening filter, the 

5 filtered reconstructed signal X f j being generated according to the equation: 

6 - Xj - afiX H - a^Xj-2 - ... a^n 

7 X f j- n being a value of filtered reconstructed signal X f j at sample period n, 

8 and 

9 n being a number of filter tap coefficients a f n corresponding to the 

10 whitening filter; 

11 updating a predictor coefficient aj according to the equation: 

13 8i and gi being proper positive constants, and 

14 Fi being a nonlinear function; and 

15 updating a predictor coefficient a J 2 according to the equation: 

16 a 2 +1 =a J 2 (l-8 2 )4-g 2 .F 2 (X;,X;„ 1? X;„ 2? a0 

17 82 and g2 being proper positive constants, and 

18 F2 being a nonlinear function. 
1 

1 


43 


1 38. An adaptive differential pulse code modulation system comprising: 

2 at a first instance: 

3 means for deriving a difference signal Ej, the difference signal Ej being the 

4 difference between an input signal Yj and a predicted signal Sj, ; representing a 

5 sample period; 

6 means for quantizing the difference signal Ej to obtain a numerical 

7 representation Nj; 

8 means for deriving a regenerated difference signal Dj based on the 

9 numerical representation Nj, 

10 means for transmitting the numerical representation Nj to an inverse 

11 quantizing means coupled to the quantizing means through a network; 

12 means for deriving a reconstructed input signal Xj, the reconstructed input 

13 signal Xj being the sum of the regenerated difference signal Dj and the 

14 predicted signal Sj; 

15 means for generating a filtered reconstructed signal X f j, the filtered 

16 reconstructed signal X f j being generated according to the equation: 

17 #j - Xj - a*iXj 4 - - ... aWj-n 

18 X f j- n being a value of filtered reconstructed signal X f j at sample period /- n, 

19 and 

20 n being a number of coefficients a f n corresponding to the means for 

21 generating a filtered reconstructed signal; 
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22 means for generating a predicted signal Sj P , the predicted signal Sj P being 

23 at least constituent to predicted signal Sj and being generated according to the 

24 equation: 

25 Sj P = aii Sj-i - a)2 Sj-2 - . . . ai n p Sj- np 

26 Sj-np being a value of the predicted signal Sj at sample period j-n v , and 

27 rip being a number of predictor coefficients ai n p corresponding to the 

28 means for generating a predicted signal; and 

29 feedback means for applying the predicted signal Sj to the means for 

30 deriving a reconstructed input signal Xj; 

31 at a second instance: 

32 the inverse quantizing means for deriving the regenerated difference 

33 signal Dj from the numerical representation Nj; 

34 second means for deriving a reconstructed input signal Xj, the 

35 reconstructed input signal Xj being the sum of the regenerated difference 

36 signal Dj and the predicted signal Sj; 

' 37 second means for generating a filtered reconstructed signal X f j, the filtered 

38 reconstructed signal X f j being generated according to the equation: 

39 X f j - Xj - afiX H - a f 2 Xj- 2 - ... aWj-n 

40 X f j- n being a value of filtered reconstructed signal X f j at sample period;- n, 

41 and 

42 n being a number of coefficients a f n corresponding to the second means 

43 for generating a filtered reconstructed signal; 
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44 second means for generating a predicted signal Sj P , the predicted signal Sj P 

45 being at least constituent to predicted signal Sj and being generated according 

46 to the equation: 

47 Sj P = aii Sj-i - a)2 Sj-2 - . . . ai np Sj- np 

48 Sj-np being a value of the predicted signal Sj at sample period j-n v , and 

49 rip being a number of coefficients ai np corresponding to the means for 

50 generating a predicted signal; and 

51 feedback means for applying the predicted signal Sj to the means for 


52 deriving a reconstructed input signal Xj. 
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